In order to suppress the well-documented low frequency pressure fluctuations in open jet wind tunnels, termed 'wind tunnel buffeting', an Active Resonance Control (ARC) System was implemented in the Audi aeroacoustic wind tunnel several years ago. This ARC-System reduces the periodic pressure fluctuations by up to 23 dB and completely eliminates the periodic velocity fluctuations using a simple feedback control scheme.
INTRODUCTION
In many open jet wind tunnels low-frequency fluctuations in pressure and velocity can be observed. This phenomenon, termed 'wind tunnel pumping' or 'wind tunnel buffeting' negatively affects both aerodynamic and acoustic measurements.
It is generally agreed that the vortex shed at the nozzle initiates the process of disturbance generation. Assuming the existence of a feedback mechanism, the natural shedding can lock to a certain frequency. Whenever this frequency coincides with a resonant mode of the tunnel duct, strong pressure fluctuations can be observed. Based on this, both, the destruction of the large scale vortices by passive means such as Seifert wings as well as the suppression of the feedback mechanism should lead to an attenuation of the disturbances. Due to the additional higher frequency noise generated by Seifert wings or similar devices, these methods are not applicable to aeroacustic wind tunnels. Therefore an active control system (Active Resonance Control -ARC) was developed and implemented in the Audi aeroacustic wind tunnel several years ago [1] . Based on a simple feedback scheme this system strongly reduces the periodic pressure fluctuations and completely eliminates the periodic velocity fluctuations without introducing additional noise at other frequencies. Although the system has proven its efficiency over the last years, one drawback became more and more obvious. Depending on the specific measurement configuration in terms of e.g. collector position and test car geometry, different settings of the ARC-system parameters had to be found for optimal disturbance attenuation. These parameter optimizations where done manually and have shown to be time consuming. Therefore several modifications of the control system, with the aim of an automatic parameter optimization have been investigated. These investigations also gave more insight into the physical control mechanism and led to a new model regarding the feedback mechanism involved in the disturbance generation process.
The paper is organized as follows. Following some experimental findings with regard to the falsifying effects of low-pressure fluctuations on aerodynamic and acoustical measurements, a short description of the ARC system will be given. Next, experimental results are presented which clearly show the variation of both the strength and the frequency of the observed pressure fluctuations depending on several parameters, such as wind-velocity, collector position and car-geometry. After introducing the basic structure of the enhanced control system, the main building blocks will be explained in more detail. Experimental results with respect to modified optimization procedures are presented, which lead to a new model regarding the disturbance generation and give more insight into the control mechanism. Finally experimental data for the control success at the four most critical wind velocities are shown.
INFLUENCE OF THE WIND TUNNEL BUFFETING ON MEASUREMENTS
It is well known that the existence of pressure and velocity fluctuations affects the aerodynamic measurements. As an example the rear lift of a racing car measured at the AUDI AAWT with the ARC system switched off is shown in Fig. 1 . Simultaneous measurements of the sound pressure level at a frequency of 3.9 Hz are highly correlated with the obvious artifacts and clearly show the influence of the pressure fluctuation on the aerodynamic measurement; see Fig. 2 . For this measurement configuration the strongest disturbances occur at a frequency of 3.9 Hz. This frequency as well as 2.4 Hz and 6.5 Hz coincides with a resonant mode of the tunnel duct. Another example, published earlier by Wickern et.al. [1] , is given in Fig. 3 Cd with active damping Figure 3 . Results of force measurements of a hatchback vehicledrag coefficient with and without active damping. NOTE: pulsations at 100 km/h were reduced by passive means. Published in [1] Regarding acoustic measurements one could argue that low frequency disturbances are generally of low interest or can be suppressed by a high pass filter. This would be true for a linear system. In contrast the experimental findings show, that the noise under investigation might be modulated with the pulsation frequency as described below. Fig. 4 and 5 show the results of a measurement inside a car with open sunroof at a wind speed of 60 km/h. A strong disturbance due to buffeting can be observed at 2.4 Hz (Fig. 4 ). Beneath the resonant frequency of the cavity, which is about 20 Hz, modulation sidebands (at 20 ± 2.4 Hz) can be seen in Fig. 5 . If the buffeting at 2.4 Hz is suppressed by the ARC system, also the sidebands disappear ( Fig. 4 and 5) . Especially for broadband noise generated by the flow over a car, these modulations cannot be removed by means of filtering and strongly affect the measurements and the psychoacoustic judgment. 
PRINCIPLE OF THE ARC SYSTEM
In order to facilitate high quality aeroacoustic measurements the Audi AAWT is equipped with an active system for the suppression of low frequency disturbances, termed Active Resonance Control [1] . A simplified sketch of the setup is shown in Fig. 6 . The disturbance signal is picked up with a microphone located at the test section wall. After preamplification and analog/digital-conversion the signal is filtered by means of a digital band pass filter. This signal is multiplied with an adjustable amplification factor and fed to a loudspeaker array, after D/A-conversion and power amplification. The loudspeaker array is located in a chamber, directly coupled to the tunnel duct. The control software continuously monitors the control success and presents the results graphically. If the disturbance level rises over a predefined limit, the software immediately alarms the operator. The system shown here is a refinement of the original setup, which was purely based on analog hardware.
Assuming suppression by means of out of phase superposition, it becomes clear that the main purpose of the used band pass filter is to introduce the optimal phase shift at the disturbance frequency under control. The amplification factor allows to adjust the amplitude of the compensation signal to achieve a effective but stable overall gain of the control loop. So in principle there are the two classical control parameters (phase-shift and gain) for the actual resonance frequency, which are given as a quite complex function of the filter settings e.g. filter type, order and cutoff frequencies. Only a slight shift of the disturbance frequency might lead to a sub optimal control result, depending on the phase-gradient of the band pass filter at the frequency it was optimized for. These considerations forecast the need of many different parameter settings with respect to variations in the disturbance characteristic. This is exactly the drawback of the actual system, which was experienced in operation. The next paragraph will show, how the disturbances depend on different parameters of the test setup.
DEPENDENCY OF THE BUFFETING ON THE TEST SETUP
The strongest disturbance levels have to be expected whenever the natural vortex shedding frequency coincides with a resonant mode of the tunnel duct. In case of an empty test section, strong disturbances can be observed at four different wind velocities at the Audi AAWT. Neglecting the end corrections and the internal damping, the resonant frequencies of the tunnel duct with a constant mean flow can be calculated by [2] 
with speed of sound c, length of the tunnel duct L TD , Mach number M and the mode number k. In Table 1 The deviation between the computed values and the observed frequencies can be explained by the above-mentioned simplifications. In the following sections the influence of the test-setup in terms of test-car shape and collector position on the main disturbances will be shown by examples.
SHAPE OF THE TEST-CAR
The dependency of the disturbance level on the test-carshape was investigated for three different car types. For the two most dominant disturbance frequencies namely 3.9 Hz and 6.5 Hz the sound pressure levels measured within the test-section are shown in Fig. 7 and 8 as a function of the wind speed. It becomes obvious that the disturbance level not only depends on the wind speed but also on the shape of the test car. With respect to the ARC system a control of the 3.9 Hz buffeting at 140 km/h was not necessary for the sedan but clearly important whilst the racing car measurement (Fig. 7) . Another interesting observation can be made by inspection of Fig. 8 . The sound pressure level shows maxima for two different wind velocities (140 km/h and 200 km/h for the wagon and the sedan). As explained later in more detail, this fact can be attributed to the existence of different numbers of vortices resident in the test-section supporting the same resonant tunnel mode at different wind velocities.
In Fig. 9 the main disturbance frequency is shown with respect to the frontal area of four different car types measured at a wind speed of 200 km/h. With increasing frontal area a slight increase of the disturbance frequency can be observed. The variations in disturbance frequency and strength shown in this paragraph lead to an increasing number of control setups for different test situations, each to be optimized experimentally. 
COLLECTOR POSITION
The buffeting characteristic does not only depend on the wind speed and the test car shape (as shown above), but also on the collector position.
The position of the collector in the Audi AAWT can be varied from 100 mm to 935 mm with corresponding test section lengths L TS from 9.33 m to 10.165 m [3] . In order to investigate the influence of the test section length on the wind tunnel buffeting, measurements were carried out for different collector positions with an empty test section. The sound pressure levels for the strongest disturbance frequencies are shown in Fig. 10 .
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A different functional dependence is observed for the three disturbance frequencies. Whereas the peak at 3.9 Hz is nearly constant at all collector positions, an increase of the sound pressure level with increasing test section length can be observed for the resonance's at 2.4 Hz and 6.5 Hz.
Again not only the disturbance level changes, but also a shift in frequency for a given resonance can be observed, as shown in Fig. 11 for the 6.5 Hz resonance. The measured frequencies in dependency of the collector position indicate a proportionality of the main disturbance frequency to the inverse test section length.
The examples given in the last sections clarify the need for many different control setups for different situations in the test section. Due to the difficult and timeconsuming manual adjustments, possible enhancements of the control system were investigated. The main findings of these investigations will be presented in the next part of the paper.
ENHANCED ACTIVE RESONANCE CONTROL
It has been shown by the application of the ARC-System that the disturbances can be attenuated by feeding the loudspeakers with a filtered and amplified version of the disturbance signal, which is picked up with a microphone located within the test-section. If one assumes some kind of out-of-phase superposition as the main physical control mechanism, the disturbance signal must be optimally phase shifted and amplified with regard to the observed main peak frequency in order to reach a good attenuation. Having this picture in mind, two limitations of the current ARC-System based on a simple bandpass filter become obvious:
1. The phase shift for a certain frequency strongly depends on the filter parameters (filter type, filter order, cut-off frequencies). A direct and independent variation of the phase shift and the amplification is very difficult in terms of the filter parameters.
2. Depending on the phase gradient of the filter at the frequency it was optimized for, even only a slight shift of the main disturbance frequency can lead to a wrong phase-shift. This consideration is in line with the observed need for different setups for varying collector-positions and car shapes.
Based on the above-mentioned findings a specific processing of the disturbance at the main peak frequency in terms of amplification and phase-shift was developed and implemented.
NOVEL SYSTEM CONCEPT
The system concept for a specific, narrowband processing of the disturbance signal for a given frequency can be described as follows:
1. Signal detection: A microphone, which is located within the test-section, picks up the disturbance signal. After analog/digital-conversion a discrete version of this signal (d(n),n: time index) is available for digital processing.
Signal modeling:
The content of the disturbance signal at a given frequency is modeled by application of a so-called adaptive notch-filter, a structure that will be described in the next section.
3. Phase shift: The phase of the resulting signal is shifted by an adjustable amount ∆ϕ. In this concept the phase-shift is simply a parameter and not a complicated function of several filter parameters.
4. Amplification: The phase-shifted signal is multiplied by an adjustable amplification factor, which defines the amplitude ratio of the disturbance signal at the given frequency and the compensation signal, which is fed to the loudspeakers after D/A-conversion.
This system was implemented on a digital signal processing board. Before experimental results are shown, the algorithmic structure of the system including the main elements adaptive notch filter, frequency estimator and phase shifter will be explained in more detail.
ALGORITHMIC STRUCTURE
In Fig. 12 the algorithmic structure of the proposed system concept is shown.
Adaptive Notch Filter
The adaptive notch filter, which is used to model the disturbance signal d(n) at a given frequency, is marked by the gray background. It is based on the fact, that every harmonic signal with frequency f can be decomposed into a cosine and a sine component. A given disturbance signal d(n) can be written as the sum of a harmonic component d f (n) with frequency f and the re-
As stated above, the harmonic part can also be expressed as
with the disturbance amplitude In order to optimally adapt the coefficients w C and w S of the notch filter with regard to the amplitude and phase of the disturbance signal, a least mean square algorithm (LMS) is used that minimizes the error signal e(n) based on a gradient method. The algorithm can be written as
where µ is a convergence parameter and w C,S (n) is the value of the filter coefficients at the nth time sample. A more detailed discussion of these algorithms can be found elsewhere [4] , [5] . 
Frequency Estimator
As shown in the first part of the paper, the main peakfrequency not only depends on the wind speed, but is also a function of other configuration parameters, e.g. the collector position. Therefore an automatic detection and tracking of the main peak frequency within a given frequency range was a desirable feature of the new system. There are many algorithms including a conventional Fourier transformation, which could be used for this purpose. Due to the high numerical complexity of most of these techniques a new method was developed, which utilizes the information, which is gained by application of the notch-filter. The basic idea of this method can be described as follows. If the harmonic part of the disturbance at frequency f d is given by
this can also be written as
in terms of the notch filter frequency f and a time-variant phase
If the notch-frequency does not equal the main peak frequency f d a phase difference between consecutive samples can be observed
Based on this phase difference, which can be calculated from the filter coefficients, the disturbance frequency is given by ϕ π
Based on these considerations the frequency update formula can be written as
with a stepsize parameter λ<µ. This algorithm has shown its robustness and good tracking behavior both in numerical simulations and in experiments carried out at the Audi AAWT.
Phase-shifter
Since the notch filter not only gives the modeled signal d f (n), but also the weighting factors w C and w S for the 
PARAMETER OPTIMIZATION
The proposed system gives the possibility to model a narrowband part of the disturbance at the main peak frequency. An amplified and phase-shifted version of this signal is used as input for the loudspeakers (compensation signal). The question is, how the optimal values for the system-parameters (amplification factor and phaseshift) with regard to a maximal attenuation of the disturbance can be found. In a first experiment a fixed value for the amplification factor was used and the phase-shift was varied automatically. The attenuation result as a function of the phase-shift was investigated experimentally at different wind velocities. The phase shift was varied in the interval 0-354° with a step size of 6°. After each step the averaged power of the remaining disturbance signal was measured for 20 seconds. Fig. 13 shows the result measured at a wind speed of 200 km/h. The power of the disturbance signal is plotted on a linear scale in arbitrary units (solid line). The shape shows a quite steady behaviour with a global minimum at 270°. This observation is quite important, having an automatic optimization procedure of the phase-shift in mind. From an active noise control point of view the graph looks very familiar, because a quite similar result will be obtained, if two sine waves with varying phase-differences are superimposed. The theoretical result (dotted-line) is given by the power of a signal which results from such a superposition of two sinusoidal signals. The parameters of both signals (amplitudes and zero phase difference) were optimized numerically in order to give a minimal deviation from the experimental results. 
FXLMS-based parameter optimization
The results of the last section give rise to the question whether one of the well-developed methods from the field of active noise control could be used to automatically optimise the system parameters phase-shift and amplification factor. A system with the so-called filteredx-LMS-algorithm was implemented and investigated experimentally. These experiments gave more insight into the compensation mechanism and therefore the main results will be presented in the following without explaining the underlying signal processing in full depth.
The good agreement between experiment and theoretical expectations supports the thesis, that the superposition with a phase-inverse compensation signal is the main mechanism of disturbance attenuation. Figure 14 shows the result of a control experiment at a wind speed of 200 km/h. The phase-shift was adjusted accordingly to the obtained optimal value of 270° and the amplification factor was optimized manually. Without the EARC-System active (solid line) a high sound pressure level is measured at the resonance frequency 6.5 Hz, which can be attenuated by up to 15 dB with the EARC-System switched on (dotted line).
A simplified sketch of the control system is drawn in Fig. 15 . An internally generated cosine-signal at the main-peak frequency is phase-shifted and amplified. This compensation signal drives the speakers and the microphone picks up the produced pressure fluctuations together with the superimposed pressure signal, which is given by the disturbance itself. The summation node denotes this superposition. The transfer path between the system output (point A) and the system input (point B) which includes e.g. the speakers, the acoustical transfer path and the microphone is summed up in the transfer Similar results were obtained for a wind speed of 120 km/h (main peak frequency 3.9 Hz) with an optimal phase-shift of 170°, which was obtained by a parameter scan as described before. time [s] function S(f) (secondary path). For stability reasons knowledge of at least the phase-shift that is introduced by this transfer function is essential for the algorithm used here. Therefore S(f) was measured prior to the control experiments. In order to get the system response to the loudspeaker excitation only, these measurements were conducted without flow, although a small deviation due to the flow had to be expected. At the beginning of the parameter adaptation, both parameters were set to zero. The filtered-X-LMS algorithm adapts the amplification factor and the phase-shift in a way that the microphone signal is minimized. To avoid possible instabilities, a small step size for the algorithm was chosen, so that a slow adaptation of the parameters was expected. Fig. 16 shows the microphone signal at the main-peak-frequency of 6.5 Hz for the first 130 seconds of the adaptation process together with the output voltage of the system. Within the first 100 seconds a fluctuation of the pressure level between 110 and 117 dB with a slight downward shift of the pressure level maxima can be observed. After 115 seconds a strong attenuation of the disturbance by up to 15 dB is achieved. Subsequent to this collapse the pressure level rises again up to the levels without control. The output voltage increases linearly over time (as to be expected theoretically for the algorithm used) and starts to slowly decrease after the observed control success. At this point in time the compensation signal and the microphone signal are nearly in phase. This can be explained as a result of the slow adaptation respectively tracking behavior of the control system. The compensation signal is only slowly decreasing in contrast to the disturbance signal, which rapidly breaks down due to compensation. Now the remaining compensation signal itself becomes the generator (or trigger) of the newly arising disturbance. The next question, which has to be asked, is why the phase shift immediately reaches a value, which results in the observed damping as soon as the amplitude of the compensation signal has reached a certain level. Especially at the beginning of the adaptation process when the system output is very small and the algorithm gets nearly no feedback with respect to the correctness of its control effort this phase information is only derived from the measured secondary path information. This fact can be used in order to calculate the optimal phase-shift in dependence of the secondary path angle, as explained in the last paragraph of the paper.
In order to find an explanation for this behavior a narrowband analysis of the signals at the system input (microphone signal) and the system output (compensation signal) was carried out. Fig. 17 shows the phase difference between these signals at a frequency of 6.5 Hz. It fluctuates around 220 degree right from the start, which is in the region of the optimal phase shift of 270° (dotted line), and becomes very small after the sound pressure level collapsed.
MODEL OF DISTURBANCE GENERATION AND COMPENSATION
Based on the results of the ongoing research at the Audi AAWT, a new model for the disturbance generation process was developed. It does not assume a feedback within the test section (edgetone feedback [6] , [7] ) but instead considers a standing wave inside the tunnel duct as the main trigger for the vortex shed. This type of feedback was also proposed by Wickern et. al. [8] . 
In turn, using the above given equations, one can calculate the vortex numbers and phase relations which would give the disturbance frequencies, observed in the AUDI AAWT.
• When the shed vortex reaches the collector a pressure disturbance is generated by the vortex/collector-interaction. Especially if the natural shedding frequency is close to a resonant frequency of the tunnel duct, an acoustic mode of the duct is excited. These calculations are complicated by the fact, that neither the exact convection speed nor the test section length that is physically effective is known. Assuming a constant value for the phase relation in case of all resonances, the test section length was numerically optimized in order to give the smallest variation of the phase differences. Based on this 'corrected' test section length the phase differences vary between 0.95 π and 1.003 π. Using a constant phase relation of π, the supported frequencies in dependency of the wind speed were calculated for even and odd modes.
• At resonance, a standing wave occurs inside the duct with velocity antinodes at both open ends. The periodic velocity fluctuation at the nozzle in turn triggers the vortex generation.
Even if the exact value is not known, the vortex shed will be forced by a certain value of the (sound particle) velocity phase angle at the nozzle ϕ N . The phase of the velocity at the collector ϕ C at the moment when the shed vortices impinge, depends on the vortex traveling time, the resonant frequency and the type of the tunnel duct resonant mode (even or odd). It can be assumed, that there exists an optimal value for this phase that leads to a maximum power flow into the tube. This consideration leads to a boundary condition for maximal resonance excitation in terms of the phase relation (difference) between the optimal phase angle at the collector and the phase, which triggers the vortex shed at the nozzle. where T denotes the period time of the resonant frequency of the duct and n is the number of vortices resident in the test section at the same time. This can be rewritten in order to give the frequencies of even acoustic duct resonances, which would be supported based on the above given traveling time.
The results are shown in Fig. 18 with solid lines for odd modes and dashed lines for even resonances. Horizontal lines show the observed resonance frequencies. An optimal feedback has to be expected if the frequency given by the appropriate phase relation (even or odd) equals a resonant mode (even or odd) of the tunnel duct. These matches are given by the line crossings in Fig. 18 . A good agreement of the measured values (circles) and the predictions can be observed. The square denotes the buffeting (6.5 Hz; 140 km/h), which was observed with a sedan or wagon in the test-section (see section 'shape of the test-car'). Based on the new model this buffeting is in good agreement with the calculations for three vortices resident in the testsection.
As a result of the limited database these findings do not prove but at least support the proposed model.
Control mechanism
If one assumes that the disturbances measured within the test section are mainly given by the transmitted waves (magnitude of reflection factor at the open ends less than 1) at the nozzle and the collector, an attenuation of these disturbances can be achieved by the compensation or damping of the sound field inside the duct. For the special case of a resonant mode this global control task can be accomplished by a single source (loudspeaker) inside of the duct. Roughly this can be explained as follows. If the loudspeaker is driven at a frequency which equals the resonant frequency to be controlled, it produces a standing wave inside the duct. If the amplitude and phase are optimally chosen, the antinodes of the standing wave produced by the loudspeaker have the same value but opposite sign compared to the antinodes of the standing wave produced by the vortices impinging at the collector. Theoretically the resonant mode can be driven to zero by superposition of both sound fields. A more detailed investigation regarding the control of enclosed sound fields can be found in [9] .
What happens if the standing wave field is compensated? This depends on the mechanism which triggers the periodic vortex shedding. In case of an edgetone feedback one can assume that the vortex shedding is not affected if the sound field inside the duct is compensated. The impinging vortices would still support the standing wave and the amplitude needed for the compensation signal would keep constant. In contrast, the experiments with a compensation amplitude proportional to the disturbance amplitude have shown good results and moreover a negative effect due to a slowly tracking amplitude was observed in case of the experiments based on the fxlms-algorithm.
These observations can easily be explained using the new model proposed above. In this case the periodic trigger at the nozzle breaks down if the sound field inside the duct is compensated (t=115 s in Fig. 16 and 17). As a result the standing wave, which was produced by the vortices, decays. If the compensation amplitude is kept constant after this disturbance breakdown, the sound field produced by the loudspeakers itself becomes the trigger of the vortex shed. Now the compensation sound field and the wave produced by the vortices are in phase as observed in the experiments (t>115 s in Fig. 16 and 17) . Due to these explanations it becomes obvious that the compensation amplitude must be kept proportional to the measured disturbances.
OPTIMAL PHASE CALCULATION
Based on the considerations in the last paragraph, a direct calculation of the optimal phases can be deduced. In the optimal case the speakers produce a standing wave, which is in phase-opposition with the one produced by the vortex shedding. Since the sound field inside the test section is produced by the transmitted part of the waves inside the duct, this phase-opposition is also given inside the test section. What does this mean for the optimal phase shift? After passing the secondary path, which summarizes both the electrical and acoustical transfer functions from system output to system input, the compensation signal must be in opposite phase with the disturbance signal, picked up by the microphone. So in principle, the optimal phase-shift to be added by the system can be calculated with respect to the phase angle of the secondary path at the frequency of interest. Fig. 19 shows the phase angle of a measured secondary path function. At 6.5 Hz a phase angle of approximately -58° was measured. So the phase shift to be added by the system in order to get plus 180° in total is +238°. This value is close to, but doesn't equal the optimal phase angle of 270° that was derived by the stepwise optimization for a wind speed of 200 km/h. This deviation is due to the fact, that the secondary path was measured in absence of mean flow, avoiding the interfering disturbances generated by the vortex shed. The influence of the flow on the acoustic transfer path is therefore not included in the measured secondary path function. Even if a thorough analysis of these effects might not be feasible, the following considerations can give a first approximation. First the assumption is made that the sound field inside the test section is dominated by the wave transmitted at the collector-side, which can be justified by the greater area and horn-type geometry of the collector. With L SM, the separation distance between the speakers and the microphone, the phase shift induced Adding this value to the measured phase gives the corrected phase angle. For the above given example this difference is about -36°. This results in a corrected phase of -94° and gives 274° as the optimal phase shift which is in good agreement with the experimentally obtained optimum of 270°. This algorithm was implemented in the system and tested at the Audi AAWT for different wind velocities. Prior to the control experiments the secondary path function was determined and the optimal phase shifts where calculated in real-time as a function of the transfer path, the estimated disturbance frequency and the wind speed. The amplitude factor was still optimized manually during these experiments.For the four most critical wind velocities, the results are shown in Figs. 20-23 in case of an empty test section. For each experiment a good attenuation of the disturbances can be observed. 
